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METHODS AND ARRANGEMENTS IN A TELECOMMUNICATION SYSTEM 

RELATED APPLICATIONS 

This application claims priority and benefit fi:^om Swedish patent application No. 0102849-7, 
filed August 22, 2001, the entire teachings of which are incorporated herein by reference. 
5 TECHNICAL FIELD 

The present invention relates to adaptation of the modes of a codec used in a digital 
telecommunication such as a mobile telecommunication system in order to improve the per- 
formance of link adaptation and thus the quality of the transmitted speech. More specifically, the 
invention is related to adaptation of the modes of speech codecs according to the AMR standard. 
10 DESCRIPTION OF RELATED ART 
Description of systems using AMR 

In a cellular radio telecommunication system for digital transmission information is 
transmitted between central stations and user stations. The total bit rate used in the transmissions 
firom a user station to a central station is in present advanced telephony systems for transmission 

15 of speech information determined by the methods used for speech coding, channel coding and 
modulation, and for a system based on TDMA (Time Division Multiple Access) such as GSM, 
also by the number of assignable time slots per call specified in the Air Interface Standard. The 
total, or gross, bit rate comprises the source, or net, bit rate for transmission of speech and the 
added bit rate derived firom the redundant at least one bit per time slot used for channel error 

20 protection. In present cellular systems, the ratio of the net bit rate and the extra bit rate originating 
fiom redundant bits is fixed. 

There has generally been assumed that channels available for transmission of speech have 
some more or less constant average quality. However, this is not always the case. Therefore, in 
existing systems, on one hand, when transmitting at a relatively high data rate, the transmission 

25 can suffer fi-om an insufficient channel error protection. On the other hand, when transmitting in 
other cases, the transmission cannot be performed at an optimal data rate, due to a too strong error 
protection. A better or higher protection of a channel used transmission fi-om faulty transmitted 
information, i.e. a better channel quality, results in fewer bits being available for the transmission 
of the original or source information, such as speech. 

30 A method called Unequal Error Protection is used in most standards for cellular 
telecommunication systems. In Unequal Error Protection, bits comprising speech information are 
divided into classes of decreasing perceptual importance and each class is encoded using an 
appropriate rate of protection. Although the Unequal Error Protection method used in most 
standards to some extent mitigates the flaw of using a method wherein a constant average value 

35 of the channel quality is assumed, this is not the best possible solution. 

The new Adaptive Multi-Rate (AMR) standard for the GSM system overcomes the problem 
described above by being adaptive both with respect to the net or source bit rate, i.e. the bit rate of 
the source information, and with respect to the total or channel bit rate. 

Adapting the coding rate of the source information is called codec mode adaptation and 

40 allows adapting the degree of error protection. At a given fixed total bit rate, according to this 
method both the amount of bits used for transmitting the source information and the amount of 
redundancy bits that are added for protecting the chaimel firom faulty transmitted bits are varied. 
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Adapting the gross or total bit rate is called mode adaptation herein. In a mobile 
telecommunication system working according to the GSM standard two channel modes exist, the 
FR and the HR modes having total bit rates of 22.8 and 1 1.4 kbps respectively. 

The speech codec built according to the AMR specification is provided with a numb^ of 
5 codec modes having different bit rates, selected among the available source bit rates: 4.7S; 5.15; 
5.9; 6.7; 7.4; 7.95; 10.2; 12.2 kbps. The amount of speech coding in relation to the amount of 
channel coding can be flexibly modified according to the requirements set by the current channel 
conditions. Thus, in adapting the codec mode according to the AMR specification the present 
channel conditions are measured and the information obtained thereby is used to select the codec 

10 mode that provides the optimum quality for the measured conditions. Ideally, this allows 
achieving a speech quality curve of the codec built according to the AMR specification that 
corresponds to the envelope of the quality curves of the individual codec modes. Fig. 3 is a 
principle diagram of speech quality as a fimction of the channel quality for an exemplary speech 
codec built according to the AMR specification having three modes. In this example, mode No. 3 

15 has the highest source bit rate and thus the highest speech quality under error-fi-ee conditions. 
Modes Nos. 2 and 1 have lower source bit rates and provide correspondingly non-optimal 
transmission under eiror-free conditions. However, due to its relatively low error protection, 
codec mode No. 3 is sensitive to transmission errors and the transmission in this mode 
deteriorates for channel conditions for which transmission in mode No. 2 and, particularly, in 

20 mode No. 1 still exhibits robust operation. Transmission in codec mode 1 is most robust and can 
still operate under channel conditions in which transmission in the other modes has abready 
deteriorated. 

Even if the speech codecs and the methods according to the AMR specification were 
developed in order to improve the transmission of speech in the GSM system, due to its 

25 flexibility, the speech codecs and the methods according to the AMR specification are also very 
suitable for use in other systems. The speech codecs built according to the AMR specification are 
used for the default speech service in UMTS/IMT-2000 systems and are also very appropriate for 
voice-over-Intemet applications. In all systems, depending on the current network load, a speech 
codec mode of a higher or lower rate may be selected. 

30 AMR adaptation 

The principle of codec mode adaptation according to the AMR specification will now be 
described. The source is an incoming electrical signal representing speech information* The 
incoming speech signal is channel encoded for the selected channel, using the currently selected 
codec mode and channel mode. The total resulting bits including bits representing the speech in- 

35 formation, bits for protection and bits for information regarding the selected mode, i.e. data for 
adapting the codec mode, are together transmitted over the air interface. Data for adapting the 
codec mode consist either of channel measurement data, i.e. data indicating the estimated channel 
quality/capacity or a codec mode request informing the sending side about the codec mode that 
the sending side should select. Here, the sending side is defined as the encoder at the mobile 

40 station or the encoder at the base station. The receiving side is defined as the decoder at the 
mobile station or the decoder at the base station for the respective transmission case. A decoder 
receiving a signal detects fi-om the received signal the codec mode used in the transmission and 
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applies the decoding method of the detected codec mode to the received information representing 
speech. The received data for adapting the codec mode, including information on the measured 
channel conditions or a codec mode request, is used for selecting the codec mode for the next 
signal transmitted from the encoder at the receiving side. Moreover, the decoder at the receiving 
5 side also makes measurements on the received signal, which result in new channel measurement 
data, i.e. data representing the current channel conditions in receiving. 

Channel measurement data can - after suitable quantization - be directly transmitted to the 
sending side or it can first be fed into an adapter, i.e. a selector of the codec mode of the incoming 
channel The adapter generates a codec mode request or a command in response to the 

10 measurement data, which is an indication of the codec mode to be used by the sending side. 
When this adapter is located on the receiving side, the corresponding codec mode 
request/conunand is sent to the sending side instead of the original measurement data. However, 
when the adapter is located at the sending side, signals representing the measurement data have to 
be transmitted to sending side. A binding codec mode request is usually referred to as a "codec 

15 mode command" whereas if it is merely an indication of the preferred mode and the sending side 
has the authority to override it, it is referred to as a "codec mode request". This distinction is of 
minor relevance herein. In the following the acronym CMR will be used for both "codec mode 
conunand" and "codec mode request". 

CMRs are generated by die adapter based on a measurement of the channel quality. A 

20 mapping operation of the measured data to the CMRs is performed. The mapping operation may 
involve the comparison of the measurement values to predetermined threshold levels. Usually a 
hysteresis is implemented in this mapping, i.e. different threshold levels are used depending on if- 
with respect to the previous CMR - a CMR corresponding to a more robust or a less robust mode is 
to be generated. 

25 A measurement value of the channel quality can be calculated from measurements, e.g. burst- 
wise measurements of the signal-to-interference ratio (C/I), in the case of a radio channel, or 
estimates of the total bit error rate. The calculation usually involves filtering instantaneous 
measurement values by a filter haying a memory since measurements taken from only one burst or 
one frame fluctuate too strongly. In a GSM system, a burst of data is transmitted approximately 

30 every fifth millisecond A frame is a unit within which speech and channel coding is performed. The 
purpose of filtering is to generate a measurement value that deviates less Scom the true value than 
the measurements of a single burst or firame, respectively. Typical filters are linear smoothing and 
prediction filters. Examples of such filters are given ui the GSM publication "GSM 05.09: Link 
Adaptation". 

35 The performance of link adaptation according to the AMR specification is manifested by the 
capability of the system to adapt the used codec mode to the present channel condition. That is, a 
system having optimal performance when applying link adaptation according to the AMR 
specification will always use a codec mode that gives the best possible signal quality at the present 
channel condition, whereas situations in whidi an unsuitable mode is selected do not occur. 

40 Unfortunately, this ideal state cannot be reached by practical systems. However, it is crucial to avoid 
situations in which modes, not providing sufficient channel error protection for the present channel 
condition are selected. Such situations cause extreme signal quality degradation resulting in a total 
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deterioration of the channel error protection. The selection of a mode that is too robust is not so 
critical as it does not result in a drastic qiiality drop. This can be tolerated at least for limited periods 
of time. 

A system parameter in a system using the AMR specification being crucial for the 
5 performance of link adaptation according to the AMR specification is the AMR loop delay. The 
AMR loop delay is the time required to transmit a new codec mode command until a signal, 
encoded in the new codec mode, is received at the decoder end of the channel The AMR loop delay 
consists of several components: 

- Delay at the measurement filter. 

10 - Delay due to transmission of the measurement signals or CMR back to the source coding device. 

- Delay due to source coding. 

- Delay due to channel coding and the scrambling of the chaimel encoded bits in their time position. 

- Delay due to the time it takes to perform signal processing 

- Delay due to buffering and fi^e aUgnment. 

15 The total loop delay in systems designed according to the AMR specification varies &om 
system to system and depends on several factors such as: 

1. the type of link between the encoder at the sending side and the decoder at the receiving side, 
e.g. radio or wire. 

2. the type of coimection between the chaimel codec in the base station and the speech codec 
20 (TRAU, Transcoding and Rate Adaptation Unit) in the BSC or MSC, e.g. wire, microwave, 

satellite channel. 

3. the type of connection from one end to the other end, e.g. MS (mobile station) to PSTN (Public 
Switched Telephone Network), or MS to MS using tandem encoding or tandem-fi-ee-operation. 
Tandem-firee-operation (TFO) is a transmission mode used for the speech codec data, in which no 

25 speech coding using AMR is employed at the base station or a mobile switching center (MSC) or 
Radio Network Controller (RNC). Hence, the bits coding speech generated by the speech encoder 
of the first end of a communication channel are directiy propagated to the other end of the 
chaimel that performs the decoding. TFO can be used in MS to MS connections but also e.g. in 
connections to or fi-om a codec using AMR of an IP client. Connections with TFO have a relative- 

30 ly high AMR loop delay. MS to MS connections with TFO have two communication channels so 
that when applying AMR codec mode adaptation a codec mode suitable for both communication 
channels must be selected. 

4. whether the chaimel is an uplink or downlink, 

5. whether discontinxious transmission is used or not, 

35 6. the switching method of the connection, i.e. whether it is circuit-switched or packet-switched (In- 
temet Protocol, Asynchrono\is Transfer Mode). 

Depending on these factors the AMR loop delay may vary fix)m about 100 ms up to more 
than 500 ms. 

Concepts of systems according to the AMR specification 
40 Different kinds of AMR-system are conceivable, e.g. those having distributed, centralized 
and mixed control of codec mode adaptation. Systems having distributed control are symmetric 
between base station and mobile station. Each receiving side, the decoder at the mobile station 
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and the decoder at the base station, perfonns quality measurements on the transmission in the 
incoming channel and sends link adaptation commands or measurement data to the transmitting 
side. 

In systems having centralized control, the adaptation control of both the uplink and the 
5 downlink resides at the base station. The mobile station merely assists the networic m the 
adaptation of the downlink by conveying channel quality measurements to the network. There the 
CMR for the downlink is generated and it is binding. There is no difference of the uplink 
adaptation between systems having distributed and centralized control 

Mixed control is a combination of centralized and distributed control concepts. It is 
10 specified in the AMR specification for the GSM system. A system having mixed control has 
distributed control as described but the base station can override the CMR fi-om die mobile station 
with which the base station conununicates. 

Problem 

If the physical conditions of the transmission in a channel vary slowly compared to the 
15 AMR loop delay, then good performance of AMR link adaptation can be easily achieved if, when 
performing an AMR link adaptation, the mode being most appropriate for the presently measured 
channel condition is selected. If^ on the other hand, there are very fast fluctuations of the channel 
conditions, it is possible to apply a suitably designed low pass filter. Such a filter can be capable 
of removing the fast fluctuations firom the measurements. Thus, the filter generates a 
20 measurement value corresponding to the mean value of the fluctuations. 

The link adaptation according to the AMR specification described in the GSM specification 
GSM 05.09 "Link Adaptation" follows this principle. It applies linear low-pass filtering to bxirst- 
wise generated C/I estimates. No severe problems have been observed when using this kind of 
adaptation. However, so far, only system configurations having low AMR loop delays have been 
25 considered. 

However, if the AMR loop delay is as high as, e.g. 500 ms which may be the case for TFO 
connections, or in networks having satellite links between BTS (Base Transceiver Station) and 
TRAU (Transcoding and Rate Adaptation Unit), the use of the existing adaptation method 
according to the AMR specification may result in problems. So-called out of phase chaimel 

30 conditions may occur, which are caused by the delay between a first event involving a changed 
channel condition and a second event involving the start of using a codec mode suitable for the 
altered channel condition. Specifically, link adaptation according to the AMR specification may 
require a certain mode based on the present charmel condition, but due to the AMR loop delay, 
when that mode starts to be applied, the charmel conditions may have changed drastically. Hence, 

35 the chosen mode is no longer optimal for the actual channel condition, i.e. an out of phase 
condition has occurred. This is particularly a problem if a less robust mode than the one currently 
used has been requested, and when the mode is finally applied, the quality of the currendy used 
chaimel has deteriorated. This is likely to cause firame erasures and an increased bit error rate and 
ultimately results in a bad quality of the reconstructed speech signal. 

40 The problem is exemplified by the case where the charmel conditions vary periodically with 
a period of about twice the AMR loop delay. At this critical fluctuation rate of the channel 
condition, the adaptation will be maximally out of phase. A robust mode is used when the 
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channel is good and a less robust mode is used when the channel is bad. In Figs. 2a and 2b, the 
problem is illustrated by an artificial channel profile, which was generated using a channel 
simulator having a predetermined average value of the channel quality. The channel quality 
follows a swept sinus curve, i.e. a sine wave having an increasingly higher fi-equency. The codec 
5 mode is out of phase with the actual channel condition at a certain channel fluctuation frequency, 
as can be seen in the figures. It can be seen that inappropriate codec modes are selected and that a 
high number of frame erasures (fe) occur. The lower curves in Fig. 2a and 2b show the varying 
channel quality having an average carrier-to-noise (C/N) ratio between 3 dB and 15 dB. The 
upper curves show the selected codec mode, which in this example can be the 12.2, 7.95 or 5.9 
10 kbps mode. Frame erasures (fe) are indicated by the sign "x". The total number office erasures 
is in this example 3 1 . 

The problem described above has not previously been encountered or discussed since no 
situations with high AMR loop delays have been assumed. Thus, it was possible to apply low- 
pass filtering of the channel measurements, according to the GSM specification GSM 05.09. This 

15 filter has a cut-off frequency below the critical channel fluctuation rate at which frequency the 
adaptation becomes out of phase. Thus, this filter attenuates at the critical fluctuation rate. 
Therefore, the filter removes fluctuations, at least to a large extent. This means that the filter 
evens the fluctuations and generates an output value corresponding to the mean value of the 
incoming . fluctuations. Such a filtered measurement value is more suitable for AMR link 

20 adaptation. 

For high AMR loop delays, a similar method might appear obvious. A low pass filter would 
be required having a cut-off frequency below a the rate corresponding to (1/2 * AMR loop delay). 
Requiring the filter to have such, a cut-off fi^uency obviously introduces an additional filter 
delay, which increases the total AMR loop delay even more and consequently does not solve the 
25 problem. This is a consequence of the uncertainty principle, which is a fundamental physical law, 
causing the filter delay to be inversely proportional to the filter bandwidth. 

Prior art 

In the published European patent application No. 0 964 540 for Krinasamy Anandakumar et 
al. and assigned to Texas Instrument Inc., a system is disclosed for dynamic adaptation of data 

30 channel coding in wireless communication between a mobile station and a base station. A firame 
transmitted fi:om the mobile station includes a convolutionally coded portion containing a downlink 
measurement bit and a repetition code identifying the codec mode of the frame. A fi:ame transmitted 
from the base station includes a codec mode command for the mobile station in the convolutionally 
encoded portion, and a repetition code identifying the codec mode of the downlink frame. The base 

35 station includes means for analyzing the quality of the uplink firame and means for determining the 
quality of downlink from the received downlink measurement. The system is designed as one 
possible implementation of an AMR-system for GSM. The deficiency of the system and method 
disclosed in this European patent application is that it does not consider a situation with a high 
AMR loop delay. 

40 In U.S. patent No. 5,701,294 for Ward et al. and assigned to Texas Instruments Inc., a 
system and a method are disclosed for flexible coding in a radio communication network. The 
system continuously monitors radio charmel qxiality in both uplink and downlink transmission. 
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and dynamically adapts the combination of speech coding, channel coding, modulation, and the 
amount of assignable time slots per call to optimize the quality of the transmitted signal at the 
current channel conditions. Various combinations of the speech coding, channel coding, 
modulation, and assignable time slots are identified as combination types and corresponding cost 
5 fimctions are defined. However, the system and method proposed in this U.S. patent are not 
adapted to the new GSM AMR systems as specified by ETSI. Furthermore, the problems related 
to a high AMR loop delay are not discussed. 

The article by Erdal Paksoy et al., "An Adaptive Multi-Rate Speech Coder for Digital 
Cellular Telephony", 1999 IEEE International Conference on Acoustics, Speech, and Signal 

10 Processing, Proceedings, 1999, Vol. 1, pp. 193 - 196, discloses an adaptive multi-rate (AMR) 
speech coder designed for digital fiill rate (22.8 kb/s) and half rate (1 1.4 kb/s) channels according 
to the GSM specifications used to maintain a high quality in the presence of highly varying 
background noise and channel conditions. The decoders monitor channel quality at both ends of 
the wireless link using the soft values for the received bits and assist the base station in selecting 

15 the codec mode appropriate for a given channel condition. The adaptation algorithm used for the 
channel measurement comprises estimating the carrier to interference ratio (C/I). This estimate is 
based on the soft values, i.e. values comprising reliability information, for the received bits as 
provided by the demodulator/equalizer. These values are good indicators of the reliability of the 
bits. The IEEE article states that a moving average of the absolute values of the soft bits is a good 

20 estimator of the current signal-to-interfCTence ratio of the channel Codec mode decisions are 
made by comparing the moving average to a predetermined threshold, and by using additional 
hysteresis rules designed to ensure smoother transitions when changing to a new codec mode. 
Because of their different characteristics, the fiiU rate and half rate channels require the various 
parameters of the adaptation mechanism to be tuned separately. However, the problems related to 

25 a high AMR loop delay are not discussed. In particular, in this article, filtering using a moving 
average is suggested, which is a kind of linear low pass filtering. As outlined in the problem 
discussion above, conventional low pass filtering provides no solution to the problem. 

In the published European patent application No. 0 986 206 for Patrick Charriere and 
assigned to Alcatel a method of changing the encodmg level of digital data transmitted between a 

30 transmitter and a receiver at a constant rate is disclosed. The encoding level is determined as a 
fiinction of the signal received by a receiver. The change of the encoding level to a less robiist one 
is delayed by fixed time in order to ensure that the encoding level chosen will not result in too 
many lost frames. 
SUMMARY 

35 It is an object of the invention to provide a method for efficient adaptive mode selecting. 

It is another object of the invention to provide a digital conmiimication system for efficient 
adaptive mode selecting and a delay unit for a digital communication system. 

The main problem associated with existing adaptive multi rate systems is that due to a delay 
between the measurement operation and the adaptation operation, especially when the delay is 
40 high, the adaptation is performed at an unsuitable time. 

The solution, to the problem described above is to apply a suitably selected filtering 
operation in order to organize the values to be filtered one after the other. At each time instant. 
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the sample values in the memory are arranged in an order according to some algorithm and one 
sample having a predefined time index is output. A filter performing this kind of fihering on 
channel measurements may be located prior to an adapter. However, said filtering operation may 
also be appUed to CMRs being the output of an adaptation device. As an example, the filter 
5 delays CMRs indicating or requesting a less robust codec mode, whereas CMRs for a more robust 
codec mode are propagated without any delay. As a consequence, a more cautious behavior of 
AMR adaptation is achieved. Switching to a less robust and thus more risky mode is perfonned 
only after a delay, when there is an increased Ukelihood that the channel conditions remain good. 
It is an object of the invention to provide a method for codec mode adaptation in which 

10 selection of such codec modes is avoided, which are not sufficiently robust to allow a secure 
transmission for the current channel condition. 

An advantage resulting fix>m using such method is that in the transmission there will be a 
decreased number of firame erasures and an increase of the overall speech quality when finally 
played to a listener. AMR systems using the proposed method will generally be more robust. 

15 The proposed method generally results in a more optimized selection of codec mode. If the 
channel is really improving, a less robust mode having a higher intrinsic quality is selected only 
after a delay. This may reduce the quality of the received speech signal to some extent. However, 
the potential quality loss is clearly compensated by the fact that the method as disclosed herein 
provides a way of minimizing the out of phase problems due to AMR loop delay. It should be 

20 observed that the degradation of the speech quality could be significant if a not sufficiently robust 
mode is used, whereas the speech quality degradation caused by keeping a codec mode being 
more robust than necessary for a too long time is very moderate. 

The term "comprises/comprising" when used in this specification is taken to specify the 
presence of stated features, integers, steps or components but does not preclude die presence or 

25 addition of one or more other features, integers, steps, components or groiq)s thereof 

Further scope of applicability of the presrat invention will become apparent fix)m the 
detailed description given hereinafter. However, it should be xmderstood that the detailed 
description and specific examples, while indicating preferred embodiments of the invention, are 
given by way of illustration only, since various changes and modifications within the spirit and 

30 scope of the invention will become apparent to those skilled in the art from this detailed 
description. 

Additional objects and advantages of the invention will be set forth in the description which 
follows, and in part will be obvious from the description, or may be learned by practice of the 
invention. The objects and advantages of the invention may be realized and obtained by means of 
35 the methods, processes, instrumentalities and combinations particularly pointed out in the 
appended claims. 

BRIEF DESCRIPTION OF THE DRAWINGS 

While the novel features of the invention are set forth with particularly in the appended 
claims, a complete understanding of the invention, both as to organization and content, and of the 
40 above and other features thereof may be gained from and the invention will be better appreciated 
from a consideration of the following detailed description of non-limiting embodiments presented 
hereinbelow with reference to the accompanying drawings, in which: 
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- Fig. 1 is a block diagram illustrating a telecommunicatioii system in which the AMR coding 
scheme is used when the signal is out of phase, in non-tandem free operation, 

- Figs. 2a and 2b are diagrams illustrating codec mode decision in present AMR systems, 

- Fig. 3 is a diagram illustrating the principle of AMR codec mode adaptation, 

5 - Figs. 4a and 4b are diagrams illustrating code mode decision for an AMR system having delayed 
codec mode switching, 

- Fig. 5 is a block diagram illustrating an alternative analyzer, 

- Fig. 6 is a block diagram of a delay unit, and 

-Fig. 7 is a block diagram illustrating a telecommunication system in which tandem free 
10 operation is used. 

DETAILED DESCRIPTION 

A teleconmiunication system will be described operating at least in part in a radio or 
wireless communication environment However, the methods and devices to be described 
hereinafter can be used in any digital network, using radio and/or wired connections and using 
15 some kind of encoding of digital voice or speech information, the not encoded or decoded voice 
or speech information directly representing acoustic signals in the conventional way, as recorded 
by a microphone. 

The block diagram of Fig. 1 illustrates a mobile, wireless telecommimication system com- 
prising a base station 200 and a mobile station 100 conmiunicating with each other on an uplink 

20 channel 305 and a downlink channel 315. In both the base station and the mobile station AMR 
coding schemes are used. The mobile station 100 comprises a speech/channel encoder 110 that 
can adopt different modes of coding or different coding schemes having different degrees of 
robustness, an analyzer 120 for sensing and analyzing the condition of the downlink channel, a 
selector 130 of downlink mode, and a speech/channel decoder 160. The base station 200 

25 comprises a speech/channel decoder 210 that like the decoder 1 10 of the mobile station can adopt 
different modes of coding or different coding schemes having different degrees of robustness, an 
analyzer 220 for sensing and analyzing the condition of the uplink chaimel, a selector 230 of 
uplink mode, and a speech/chaimel decoder 260. The base station may also comprise a selector 
240 of downlink mode, either instead of or in addition to the selector 130 in the mobile station. In 

30 the latter case the selector 240 of downlink mode has the authority to override CMRs generated 
by the selector 130 of downlink mode located in the mobile station. The mobile station 100 may 
also comprise a selector 140 of uplink mode. The mobile station transmits on the uplink chaimel 
305 information which has been encoded by its encoder 1 10 and which is decoded by the decoder 
210. The base station 200 transmits information on the downlink channel 315 which has been 

35 encoded by its encoder 260 and which is decode by the decoder 160. It should be noted that the 
speech encoder 210 and the speech decoder 260 in the base station do not have to be physical 
parts of or physically located in the base station. The encoder and the decoder can be located in an 
MSC, not shown, connected to the base station 200. 

In operation, when communicating information representing speech, the decoder 160 in the 

40 mobile station 100 receives a signal transmitted on the downlink channel 315 from the base 
station 200. Then, the decoder 160 decodes the received signal to produce speech signals, see the 
arrow 165, that are made audible to the user, not shown, of the mobile station. Furthermore, the 
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decoder 160 also decodes or detects, in the received signal, codec mode information derived from 
and/or indicating/comprising the measured quality or condition of the uplink channel 305. This 
information can be or include a codec mode command or request for uplink transmission that is 
then fed to the encoder 1 10 in the mobile station to set the encoder to work in the mode indicated 
5 in the command. In the case where the information does not directly indicate a codec mode die 
codec mode information is fed to the optional selector 140 in the mobile station, in which a new 
mode for uplink transmission is determined or selected. Then, the result from the selector 140 is 
fed to the encoder 1 10 to set it to work in the mode indicated in the result so that this mode is 
used in the next uplink transmission. Incoming speech signals, see the arrow 1 1 5, from the user of 

10 the mobile station are speech and channel encoded in the encoder 110 of the mobile station 
according to the selected or set codec mode. Thereafter, encoded speech is transmitted via the 
uplink channel 305 to the base station 200. 

Simultaneously, the signal received in the mobile station 100 from tiie base station 200 is 
fed to the analyzer 120 in the mobile station in which the signal is sensed and analyzed to 

15 determine the communication condition or the quality of the commimication on the downlink 
channel 315. Then, the result of the analysis is fed to the selector 130 of downlink mode in the 
mobile station in which, based on the result of the analysis, a codec mode command or request for 
downlink transmission is generated. A man skilled in the art understands that very often the codec 
mode used for downlink transmission has to be changed depending on the channel state. Then, 

20 the generated codec mode command or request is fed to the encoder 110, which encodes the 
codec mode request to be transmitted to the base station 200. In the case where selector 130 is 
provided in the mobile station, die result of the analysis in the analyzer 120 is fed directly to the 
encoder 110. 

The decoder 210 of the base station 200 receives a signal from the mobile station 1 10 on the 
25 uplink channel 305. The decoder decodes the received signal and transforms the relevant part of it 
to speech signals, see the arrow 215, which are transmitted to the party with which the user of the 
mobile station is talking. Furthermore, the received signal is also fed to the analyzer 220 of the 
base station in which the signal is analyzed to determine the quality of the communication on the 
uplink channel 305. Then, the result from the analyzer 220 is fed to the selector 230 connected to 
30 or in the base station in which a codec mode is selected to be used for uplink transmission. The 
result from the selector 230 is fed to the encoder 260 of the base station to be transmitted to the 
mobile station 100 on the downlink channel 315. Alternatively, the result fix)m the analyzer 220 
of the uplink channel is fed directly to die encoder 260 to be transmitted to the mobile station 
100. 

35 Furthermore, the decoder 210 in the base station 200 decodes or detects in the received 
signal codec mode adaptation data such as a codec mode request for the downlink channel or, 
alternatively, data representing the analyzed condition of the communication on the downlink 
channel. In the case where the data comprises a codec mode command it is fed directly to the 
encoder 260 to set the encoding mode thereof, the encoder encoding speech incoming from the 

40 other party of the conversation, see the arrow 265. In the alternative case, the decoded or detected 
data from the decoder 210, these data comprising either a codec mode request or measurement 
data, are provided to the optional selector 240 in which a codec mode is selected. Thereafter, the 
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result comprising the selected mode is fed to the encoder 260 to set it to work in that mode. 

Thus generally, codec mode adaptation requires the transmission of adaptation data for the 
considered transmission channel or link. On the uplink chaimel 305, adaptation data for adapting 
the downlink conMnunication are transmitted. On the downlink channel 315, adaptation data for 
5 adapting communication on the uplink are transmitted. The adaptation data comprises CMRs or 
channel measurement data, the latter being values obtained or derived in the analysis performed 
by the analyzers 120 and 220 respectively of the received signal and representing the communica- 
tion condition of the respective chamiel 

Now, the adaptation for uplink transmission will be described. The base station 200 

10 monitors the condition of the uplink channel 305 and decides the codec mode that the mobile 
station 100 should use. Therefore, the analyzer 220 analyzes the signal received from the uplink 
channel thereby determining or measuring the quality of the communication in the channel. The 
result of the analysis is sent from the analyzer 220 to the selector 230 of uplink mode in the base 
station. The selector 230 selects an uplink codec mode suitable for the currmt condition of the 

15 uplink channel. The base station 200 communicates this information as a CMR, transmitted on 
the downlink channel 315 to the mobile station 100. Upon reception, the encoder 110 in the 
mobile station swatches to the mode indicated in the CMR. In the alternative, the mobile station 
200 accommodates an alternative selector 140 of uplink mode, instead of the selector 230 at the 
base station. In that case values representing the determined condition of the uplink channel are 

20 output from the analyzer 220 of the uplink channel and are transmitted via the downlink channel 
3 15 to the alternative selector 140 of uplink mode. 

Now, link adaptation for downlink transmission will be described. Based on the signal 
received from the base station 200 over the downlink channel 315 and possibly other information 
that may be available, the analyzer 120 in the mobile station 100 determines or measures the 

25 condition of the communication in the downlink channel to find the quality of the conununication 
of the channel. The result that is produced by the analyzer and can comprise values representing 
the determined quality is fed to the selector 130 of downlink mode in the mobile station which 
generates a CMR based on its input. The generated CMR is transmitted via the uplink channel 
305 to the base station 200 in which it is received and can be directly transferred to the encoder 

30 260 for setting the encoding mode. As an alternative, the CMR received in the base station may 
be fed into the optional additional selector 240 of downlink mode that has authority to override 
the received CMR. The output of the optional selector 240 of down link mode indicates the 
selected codec mode to the encoder 260 of the base station. In the case where the mobile station 
does not accommodate a selector of downlink mode, values or measurement data being the result 

35 of the analysis of the conmixinication in the downlink channel and representing the quality of said 
communication are sent via the uplink channel 305 to the base station 200. There, the received 
values are fed to the optional or alternative selector 240 of downlink mode. 

In Fig. 7 a block diagram of a system is shown having established a tandem-free-operation 
(TFO) connection between a mobile station or an IP client 700 and a mobile station or an IP 

40 client 710, respectively, via a first base station 750, a transport network 770 and a second base 
station 780. As the configuration is symmetric for transmission of information representing 
speech in both directions, the system will be described only for speech transmission from the 
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mobile station or the IP client 700 to the mobile station 710. An encoder 701 receives a speech 
signal on a line 703 and encodes it according to its current mode of codec operation, as has been 
set or indicated by a received control signal on the control line 704, and also makes a channel 
encoding. The coded speech signal is transmitted via an uplink channel 73 1 to the first base 
5 station 750. A channel decoder 751 in the first base station chaimel decodes the received data, i.e. 
the coded speech signal, and forwards the channel decoded data through the transport netwoik 
770 to a channel encoder 781 in the second base station 780, in which the data is channel encoded 
for transmission over a downlink channel 732 to the other mobile station or IP client 710. The 
first base station 750 further comprises an analyzer 760 of uplink channel that performs 

10 measurements on the signals received over uplink channel 731 to determine the condition of the 
communication in said channel and to find the quality thereof Values or data representing the 
result of the analysis of the communication in the uplink channel are provided to a selector 761 of 
uplink codec mode, also in the first base station 750, which generates preliminary codec mode 
command data CMRl that are then fed to a combiner 762 in the first base station. 

15 The mobile station or IP client 710 comprises a chaimel and speech decoder 711 which 
decodes coded speech data incoming firom the downlink channel 732 and outputs the recon- 
structed speech signal on an output line 715. The mobile station or IP client 710 further comprises 
an analyzer 712 that performs measxirements on the signals received fcom the doAvnlink channel 

732 to detemiine the condition of the communication in the channel and the quality of the 
20 conmiunication. Then, values or data resulting &om the channel analysis and representing the 

condition or quality of the communication in the downlink channel are fed firom the analyzer 712 
in the mobile station or IP client 710 to a selector 713 of downlink codec mode, which generates 
preliminary codec mode command data CMR2. These data CMR2 are channel encoded in an 
encoder 714 in the mobile station or IP client 710 and are then transmitted, together with 

25 information representing speech, via an uplink channel 733 to the second base station 780. There, 
a channel decoder 782 decodes received signals and finds the CMR2 and provides it via the 
transport network 770 to the combiner 762 in the first base station 750. Optionally, the CMR2 is 
forwarded to the combiner 762 via an additional selector 763 of codec mode in the first base 
station that has the authority to override CMR2 to provide a modified CMR2. The optional 

30 selector 763 of codec mode is also used in the case where the selector 713 of codec mode in the 
mobile station or IP client is not used, and the data representing the quality of the channel is then 
instead provided fiom the analyzer 712 of downlink channel in the mobile station or IP client 710 
to the optional selector 763 in the first base station 750 via the encoder 714, the uplink channel 

733 and the decoder 753. The optional selector then produces the CMR2. The combiner 762 com- 
35 bines the preliminary codec mode commands or requests CMRl and CMR2 to a final CMR3 that 

is output fi-om the combiner 762. Then, the final CMR3 is fed to a channel encoder 754 in the 
first base station 750, in which the CMR3 is channel encoded and is then transmitted over a 
downlink channel 734 to the first mobile station or IP client 700. There, a channel decoder 702 
decodes the signals received on the downlink channel to find i.a. CMR3 and then provides this 
40 command to the encoder 701, to set the codec mode of the encoder. The channel encoder 781 is 
arranged to use the same codec mode as the encoder 701 for the same transmitted information, the 
codec mode used being decoded or detected by the decoder 751 in the first base station 750. 
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In Fig. 6 a block diagram of a delay unit for codec mode commands or requests, CMRs, is 
shown. Each time when a CMR is available to set the operative mode of an encoder from a 
selector of codec mode, as has been described above, it is input to the delay unit. The delay unit 
generates a CMR on its output as a response to the current input CMR and at least one previously 
5 input CMR. The delay unit is provided with a memory 810 in which a number M of the most 
recent, received CMRs are stored, M being an integer and designating the memory length of the 
delay unit, a suitable choice being e.g. M = 25. A selector 820 is connected to the memory 
locations X„ Xj,..., Xm of the memory 810. The selector 820 controls a switch 830. By die switch 
the content of a selected memory location of the memory 810 is passed to the output of the delay 

10 unit. The selector 820 controls the switch 830 according to a filter algoridun 825. 

According to a suitable filter algorithm that memory location is selected which contains that 
CMR among the CMR stored in the memory 810 that is indicative of the most robust codec 
mode. Such a process can be &cilitated by e.g. assigning integer numbers to the codec modes, 
where the smaller the integer number is, the more robust is the codec mode, e.g. the most robust 

15 mode MR475 is assigned the integer value 1, the second most robust mode MR 515 is assigned 
the integer value 2, and the least robust mode MR122 is assigned the integer value 8. Then, the 
memory location holding a CMR that has the lowest integer number among those associated with 
the stored CMRs is selected. 

The filter algorithm may also search for that CMR among the CMRs stored in the memory 

20 810 which indicates the n-th most robust codec mode, where e.g. n = 2. The filter outputs the 
selected CMR. The advantage of selecting the n-th most codec mode is that a trade-off between 
quality and the speed of the codec mode adaptation can be performed according to the current 
channel conditions. 

As an alternative to the filter algorithm disclosed above, the filter algorithm calculates and 
25 outputs the median of the CMRs stored in the memory 810. In this case the CMRs stored in the 
memory are sorted with respect to the robustness of the corresponding codec mode and graerally 
the m-th element (1 < m ^ M, m being an integer) of the sorted CMRs is used as output of the 
delay unit. For providing the median, the delay unit outputs the middle element for which m = 
floor((M+l)/2). 

30 According to another embodiment the filter operation according to the different, altemative 
algorithms as described in conjunction with Fig. 6 is applied to values representing the current 
condition or quality of the chaimel before or after possible linear filtering. Linear filtering is 
usually part of the analysis devices 220, 120, 760, 712, but the linear filtering may also be part of 
the selectors 130, 140, 761, 713, 763. 

35 The last example of the filter algorithm performed by the delay unit in Fig. 6 involves the 
step of first rearranging the order of the data in the cells of the memory 810 to place the stored 
data in some predetermined way or according to some algorithm and then selecting the data of a 
predetermined memory cell or memory location as output. Alternatively, this can be interpreted 
as selecting the value of a memory location Xj, the index i being an integer in the range of 1 to M, 

40 in the memory 810, the choice of the index i being dependent on the contents of the memory. In 
the examples discussed above, it is possible to achieve an adaptation behavior, which allows 
different adaptation speeds depending on whether switching is performed with respect to the 
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present codec mode towards a more robust mode or a less robust mode. In particular this allows 
immediate switching to more robust modes whereas switching to less robust modes is delayed 
until it is rather probable that the channel condition remains good enough for that less robust 
mode, as will be described below. 
5 The method described above is illustrated by the following example. Assume that the me- 
mory Iragth of the delay unit is M = 5, and that the AMR speech codec operates at two codec 
modes, MR475 and MR122, the mode MR475 being more robust than mode MR122. The filter 
algorithm is designed so that the delay unit returns a CMR selected among the CMRs in the 
memory and corresponding to the most robust mode. First, it is assimied that the channel has a 

10 good quality. Thxis, all memory locations contain CMRs for mode MR 122. The delay unit outputs 
MR122. A sudden degradation of the channel quality leads to a CMR of the more robust mode 
MR47S at the input of the delay unit. Then, the memory of the delay unit comprises the mode 
MR47S in location X„ and the mode MR122 in locations Xj, X3, X4, X,. According to the filter 
algorithm, the delay unit immediately outputs MR47S, i.e. the adaptation immediately reacts on 

15 channel quality degradations. Now, the opposite case is assxmied, i.e. that the conmiunication in 
the channel is bad. Then, all memory locations comprise CMRs for the mode MR475. A sudden 
improvement of the channel results in a CMR for mode MR122 at the input of the delay unit. 
However, the delay unit still generates a CMR for mode MR475 as there are still memory loca- 
tions in the delay unit comprising the mode MR47S. It takes some time before all the five 

20 memory locations comprise CMRs for the less robust mode MR122 and thus before operation at 
the less robust mode MR122 is requested. Hence, the channel must have a good quality for a 
predefined time period, since a single CMR for a more robust mode in the memory of the delay 
unit does not trigger any change of mode. Thus, the adaptation to a less robust mode is delayed 
until it is more certain that the channel has an improved quality. 

25 The delay unit is of major importance in the method that is described herein and the 
principle of the method cannot be implemented without the delay unit. The length M, i.e. the 
number of memory locations, of the memory of the delay unit is a design parameter influencing 
the behavior of the AMR adaptation. According to a preferred embodiment this parameter is 
selected adaptively with respect to the AMR loop delay. In particular, the memory length M of 

30 the delay unit can be proportional to the AMR loop delay. As an example, the length of time 
corresponding to the memory length M can be equal to the AMR loop delay. For instance, 
assuming a GSM system, the CMRs are generated at a rate of one every 40 ms. If the AMR loop 
delay is 480 ms, then the length M is chosen to 480/40 - 12. If, however, the AMR loop delay is 
only 200 ms, the memory length M is chosen to be equal to 5. 

35 As an option, additional filtering, i.e. an adaptive delay operation, described herein may 
only be performed when the AMR loop delay is higher than a threshold d, e.g. the threshold d 
being equal to 200 ms. 

The method described herein can be implemented in various system configurations. 
According to a preferred embodiment the additional filtering is performed in the analyzers of the 
40 respective incoming channel, i.e. the analyzer 120 in the mobile station 100 in Fig. 1 in the case 
of the downlink channel and the analyzer 220 in the base station 200 for the uplink channel. In 
this case, the additional filtering is performed using the measurement values and not CMRs. 
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In Fig. 5 the structure of an alternative analyzer 1000 is shown. The analyzer 1000 
comprises three functional blocks, a primary analyzer 910, a delay unit 920 and a linear filter 930. 
First, the incoming signal is transmitted to the primary analyzer 910, which has the same function 
as the analyzers 120, 220 described above. Then, the signal is transmitted to die delay unit 920, 
5 which has the same function as the delay unit described above. Thereafter, the signal is fed to the 
linear filter 930. Linear filtering of measurement values may be part of the original analyzer 120, 
220. In the analyzer 1000, the linear filtering of measurement values is provided after the delay 
unit 920, in the linear filter 930. 

According to another preferred embodiment of the proposed method the additional filtering 
10 is performed in the selectors located at the respective receiving ends. For downlink adaptation the 
additional filtering is then performed in the selector 130, and for uplink adaptation in the selector 
230, see Fig. 1. 

According to a further preferred embodiment of the method the additional filtering is 
performed in the selectors located at the respective transmitting ends. For downlink adaptation, 

15 this is then performed in the alternative selector 240, and for uplink adaptation the additional 
filtering is performed in the alternative selector 140, see Fig. .1 . 

The method described herein can also be advantageously used for TFO connections. The 
additional filtering may be performed in the mobile station/IP client 710 either as part of the 
analyzer 712 of the downlink channel or as part of the selector 713 of codec mode for downlink 

20 transmission, see Fig. 7. 

In a further example, the additional filtering is performed in part both in the additional 
selector 763 of downlink codec mode and in part either in the analyzer 760 of uplink channel or 
in the selector 761 of uplink chaimel, respectively, in the relevant base station, see Fig. 7. Data 
representing the condition of the communication in the downlink channel is fed to the selector 

25 763 in which additional filtering is performed. It should be noted that for the downlink channel 
732 the AMR loop delay is larger than the AMR loop delay for the uplink chaimel 731, since 
AMR adaptation for the downlink involves a big control loop starting fi-om the second mobile 
station/IP client 710 via the uplink 733, the second base station 780, the transport network 770, 
the first base station 750, the downlink 734, the first mobile station or IP client 700 and back to 

30 the second mobile station or IP client 710 via the uplink 731, the first base station 750, the 
transport network 770, the second base station 780 and the downlink 732. The additional filtering 
performed in the analyzer 760 or the selector 761 is performed using data representing the state of 
the uplink chaimel 731 for which the AMR loop delay is smaller as only a small or short control 
loop is involved, this loop including the first base station 750, the downlink 734, the first mobile 

35 station or IP client 70 and the uplink 731. Thus, it is more advisable to apply different memory 
lengths M for the diflFerent delay units, corresponding to the different AMR loop delays. The 
combiner 762 selects that CMR3 among CMRl and CMR2, which corresponds to the most 
robust codec mode, as the output signal. 

Furthermore, in the system of Fig. 7, it is possible to perform the additional fiUering after * 

40 the combiner 762 in the relevant base station or after decoding in the decoder 702 in the mobile 
station or IP client 700. However, this is less advantageous as it does not provide the benefit of 
using different memory lengths M for the different effective AMR loop delays. 
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Figs. 4a and 4b show channel profiles for the case when the method as described herein is 
used. The curves in Figs. 4a and 4b have been generated using a channel simulator having a 
predetermined average value of the channel quality. The channel quality follows a swept sinus 
curve. As is shown in Figs. 4a and 4b, out-of-phase conditions between channel quality and 

5 selection of codec mode are avoided, when the method described above is used. Codec modes not 
being sufficiently robust are not selected anymore. The advantage of the method is also visible by 
comparing the number of frame erasures, which have been reduced from 31 to 3. By using the 
method described herein the perceived quality of the received signal is significantly improved. 
While specific embodiments of the invention have been illustrated and described herein, it 

10 is realized that numerous additional advantages, modifications and changes will readily occur to 
those skilled m the art. Therefore, the invention in its broader aspects is not limited to the specific 
details, representative devices and illustrated examples shown and described h^in. Accordingly, 
various modifications may be made without departing from the spirit or scope of the general 
inventive concept as defined by the appended claims and their equivalents. It is therefore to be 

15 understood that the appended claims are intended to cover all such modifications and changes as 
fall within a true spirit and scope of the invention. 
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CLAIMS 

1, A method of adapting the operation of a codec in a digital communication system, the 
codec used for coding speech signals in a communication channel and having a plurality of 
modes that have different degrees of robustness, the method comprising the steps of: 
5 - repeatedly or for each communication occasion or for each firame received sensing the 
communication condition of the conununication channel and generating from the sensed 
communication condition output values comprising a channel measurement value representative 
of the quality of the communication condition, and 

- adapting the codec to adopt a mode according to the channel measurement value comprised in 
10 the output values, and then delaying, when the channel measurement value indicates an 

improvement of the communication condition, as compared to channel measurement values 
comprised in output values generated fix>m previously sensed communication conditions, the 
adapting of the codec to use a less robust mode, and otherwise not delaying the adapting of the 
codec, so that the codec then adopts the same mode as before or adopts a more robust mode, 

15 characterized by the additional step of performing linear filtering of the channel measurement 
values representative of the communication conditions comprised in the output values for last 
occasions or instances when the communication conditions have been sensed and making the 
adapting based on a plurality of channel measurement values comprised in the output values for a 
consecutive sequence of said last occasions or instances including the latest occasion or instance. 

20 2. A method according to claim 1 , characterized by 

- the additional step of storing, when generating the output values, the channel measurement 
value in a cell in a memory having M cells, so that the M cells contain the channel measurement 
values for the last M occasions or instances when the conmiunication conditions have been 
soised, the channel measurement values stored in the M cells being sorted according to the 

25 quality of communication conditions that they represent, the M cells having position numbers 
indicating their sequential order, and 

- in the step of delaying, adapting the codec to adopt a mode according to or being a function of the 
channel measurement value stored in the cell having a fixed position number m smaller than or 
equal to M. 

30 3. A method according to claim 1, characterized by 

- the additional step of storing, when generating the output values, the channel measurement 
value in a cell in a memory having M cells, so that the M cells contain the channel measurement 
values for the last M occasions or instances when the conmiunication conditions have been 
sensed, and 

35 - in the step of delaying, adapting the codec to adopt a mode according to or being a function of that 
one of the stored channel measurement values that indicates the worst communication condition or 
the n-th worst communication condition or that indicates or corresponds to the most robust codec 
mode or the n-th most robust codec mode. 

4. A method according to claim 1, characterized by 

40 - the additional step of storing, when generating the output values, the channel measurement 
value in a cell in a memory having M cells, so that the M cells contain the channel measurement 
values for the last M occasions or instances when the conmiunication conditions have been 
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sensed, and 

- in the step of delaying, adapting the codec to adopt a mode according to or being a function of the 
median of the stored channel measurement values. 

5. A method according to any of claims 2-4, characterized by the additional step of setting 
5 the memory length M in accordance with AMR loop delay. 

6. A method accordmg to claim 5, characterized in that the additional step of setting the 
memory length M is only performed in the case where the AMR loop delay is higher than a 
predetermmed threshold d. 

7. A digital communication system comprising: 

10 - at least one first conununication channel for transferring information, in particular information 
divided in frames, 

- a first codec for coding speech signals in the. at least one first communication chaimel and 
having a plurality of modes that have different degrees of robustness, 

-first sensing means for repeatedly or for each communication occasion or for each frame 
15 received sensing the communication condition of the at least one first commimication channel to 
provide a channel measurement value representative of the quality of the communication 
condition, 

- first adaptation means cormected to the first codec and the first sensing means for adapting the 
first codec to adopt a mode according to the charmel measurement value, and 

20 - a delay unit connected to first sensing means and to the first adaptation means and/or to the first 
codec for delaying, when the channel measured value indicates an improvement, as compared to 
previous channel measurement values, the adapting of the first codec to adopt a less robust mode, 
and otherwise not delaying the adapting of the first codec, the first codec then adopting the same 
mode as before or a more robust mode, 

25 characterized by 

-a linear filtering unit for performing linear filtering of the channel measurement values 
representative of the communication conditions for last occasions or instances when the 
communication conditions have been sensed, 

- the delaying unit arranged to make the delaying based on a plurality of channel measurement 
30 values for a consecutive sequence of said last occasions or instances including the latest occasion 

or instance. 

8. A digital communication system according to claim 7, characterized by a memory 
containing M memory cells for storing the charmel measurement values, so that the memory cells 
contain the values for the last M occasions or instances when values representative of the 

35 condition of the at least one first communication channel have been generated. 

9. A digital communication system according to claim 8, characterized in that the storing 
of the channel measurement values in the cells is made so that the chaimel measurement values in 
the cells are sorted according to the quality of communication condition that they indicate, that 
the cells have position mraibers indicating their sequential order, and that the delay unit is 

40 arranged to provide the chaimel measxirement value stored in the memory cell having a position 
number m to the first adaptation means, the first adaptation means arranged to adq)t the first codec 
to adopt a mode according to or being a function of the provided chaimel measurement value. 
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10. A digital communication system according to claim 8, characterized in that the delay 
unit is arranged to provide that one of the channel measurement values among the stored channel 
measurement values that indicates or corresponds tfie most robust mode or the n-th most robust 
mode or indicates the worst conrnmmcation condition or the n-th worst communication condition to 

5 the first adaptation means, the first adulation means arranged to adapt the first codec to adopt a 
mode according to or being a function of the provided channel measurement value. 

11. A digital communication system according to claim 8, characterized in that the delay 
unit comprises means for determining the median of the stored channel measurement values stored 
and to provide the determined median to the first adaptation means, the first adaptation means 

10 arranged to adapt the first codec to adopt a mode according to or being a function of the provided 
median. 

12. A digital conmiunication system according to claim 7, characterized by 

- at least one second conmiunication chaimel, 

- a second codec for coding speech signals in the at least one second conimiunication channel and 
15 having a plurality of modes that have different degrees of robustness, 

- second sensing means for sensing the communication condition of the at least one second 
communication channel, and 

- second adaptation means connected to the second codec and the second sensing means for 
adapting the second codec to adopt a mode according to the sensed commimication condition, 

20 - the at least one second commimication channel connected in series with the at least first 
communication channel, the first and second codecs interconnected via one of the at least one 
first and second conmiunication channels to adopt the same mode, and the mode being selected to 
be the most robust one of the modes corresponding to the sensed conditions of the at least one first 
and second communication channels. 

25 13. A digital commuiucation system according to claim 7, characterized by 

- two terminals connected by a TFO speech connection, 

- the TFO speech connection including at least two communication channels, each of which 
associated with an individual effective AMR loop delay, and 

- a delay unit associated with each of the conmixmication chaimels, each delay unit delaying the 
30 adoption of a codec for the respective communication channel to a less robust mode by an amount 

being a function of the efTective AMR loop delay associated with the respective conmiunication 
channel. 

14. A delay unit to be used in a digital communication system together with an adaptable 
codec for coding speech signals in a communication channel, the coding having a plurality of 
35 modes that have different degrees of robustness, the delay unit being 

- connectable to receive as input signal values representing the current communication condition 
of the communication chaimel, and 

- arranged to delay, when the values indicate an improvement, as compared to previously sensed 
conmiunication conditions, the adapting of the codec to use a less robust mode, and otherwise not 

40 delaying the adapting of the codec to use the same mode as before or to use a more robust mode, 
characterized by 

- a linear filtering unit for performing linear filtering of the values representative of the 
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communication conditions for last occasions or instances when the communication conditions 
have been sensed, 

- the delaying unit arranged to make the delaying based on a plurality of values for a consecutive 
sequence of said last occasions or instances including a latest occasion or instance. 

5 1 5. A delay unit according to claim 1 4, characterized by 
■ a memory containing M memory cells for storing the values, so that the memory cells contain the 
values for the last M occasions or instances when values representative of the condition of the at 
least one first communication channel have been generated, and 

- a selector for selecting one of the memory cells, according to an algorithm, and making the 
10 delaying according to or as a function of the value stored in the selected one of ttie memory cells. 

16. A delay unit according to claim IS, characterized in that the storing of the values in the 
cells is made so that the values in the cells are sorted according to the quality of communication 
condition that they indicate, that the cells have position numbers indicating their sequential order, 
and that the delay unit is arranged to make the delaying based on or as a function of the value stored 

15 in the memory cell having a position number m. 

17. A delay unit according to claim 15, characterized in that it is arranged to make the 
delaying based on or as a function of that one of the stored values that indicates or corresponds a 
most robust mode or an n-th most robust mode or indicates a worst communication condition or an 
n-th worst communication condition. 

20 18. A delay unit according to claim 15, characterized by means for determining the median 
of the stored values, the delay unit arranged to make the delaying based on or as a function of the 
determined median. 

19. A delay imit to be used in a digital commimication system together with an adaptable 
codec for coding speech signals in a conununication chaxmel, the coding having a plurality of 

25 modes that have different degrees of robustness, the delay unit being 

- connectable to receive as input signal values representing the current communication condition 
of the commimication channel, and 

- arranged to delay, when the values indicate an improvement, as compared to previously sensed 
communication conditions, the adapting of the codec to use a less robust mode, and otherwise not 

30 delaying the adapting of the codec to use the same mode as before or to use a more robust mode, 
characterized by 

- a memory containing M memory cells for storing the values, so that the memory cells contain the 
values for the last M occasions or instances when values representative of the condition of the at 
least one first communication channel have been generated, and 

35 - a selector for selecting one of the memdry cells, according to an algorithm, and making the 
delaying according to or as a function of the value stored in the selected one of the memory cells. 

20. A delay unit according to claim 19, characterized by a linear filtering unit for 
performing linear filtering of the values representing the conunxmication conditions for last 
occasions or instances when the conmiunication conditions have been sensed. 

40 21 . A digital communication system comprising: 

- a commimication chaimel for transferring information, in particular information divided in 
fi'ames, 
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- a codec for coding speech signals in the communication channel and having a plurality of modes 
that have different degrees of robustness, 

- sensing means for repeatedly or for each communication occasion or for each frame received 
sensing the communication condition of the at least one first communication channel to provide a 

5 channel measurement value representative of the quality of the communication condition, 

- adaptation means connected to the codec and the sensing means for adapting the first codec to 
adopt a mode according to the channel measurement value, and 

characterized by a delay imit according to claim 19. 

22. A method of adapting the operation of a codec in a digital conmiunication system, the 

10 codec used for coding speech signals in a communication channel and having a plurality of 
modes that have different degrees of robustness, the method comprising the steps of: 
-repeatedly or for each communication occasion or for each firame received sensing the 
commimication condition of the communication channel and generating from the sensed 
conimimication condition a channel measxirement value representative of the quality of the 

15 communication condition, and 

- adapting the codec to adopt a mode according to the channel measurement value, and then de- 
laying, when the channel measurement value indicates an improvement of the communication 
condition, as compared to previous channel measurement values, the adapting of the codec to use 
a less robust mode, and otherwise not delaying the adapting of the codec, so that the codec then 

20 adopts the same mode as before or adopts a more robust mode, 
characterized by the additional steps of: 

- storing, when generating the output values, the channel measurement value in a cell in a 
memory having M cells, so that the M cells contain the channel measurement values for the last 
M occasions or instances when the communication conditions have been sensed, and 

25 - selecting one of the memory cells, according to an algorithm, and making the delaying according 
to or as a function of the value, in particular a function of only the value, that is stored in the 
selected one of the memory cells. 



wo 03/019850 



1/6 



PCT/SE02/01510 



Li. 




wo 03/019850 



PCT/SE02/01510 



2/6 



Mr 




qI i ■ ' ' ■ ' 

0 2 4 6 8 10 12 



Fig. 2a 



30 r 




ol 1 i i i I I 

14 16 18 20 22 24 26 



Fig. 2b 



wo 03/019850 



3/6 



PCT/SE02/01510 




Channel Quality 



Fig. 3 



wo 03/019850 



PCT/SE02/01510 



4/6 



Fig. 4a 



- nri22 



- nii795 




ia. 4b 



- mr122 



inr59 




wo 03/019850 



PCT/SE02/01510 



5/6 



910 



920. 



1000 

i 



930 



pnmary 




delay 




linea? 


analyzer 




unit 




filter 


► 


► 



Fig. 5 



XI 



cmr/smaples of 



X2 

_2l 



mesurement 










> 


► 




— ► 







Fig. 6 



SUBSTITUTE SHEET (RULE 26) 



wo 03/019850 



PCT/SE02/01510 




INTERNATIONAL SEARCH REPORT 



International application No. 
PCT/SE 02/01510 



A, CLASSII ICATION OF SUBJECT MAITKR 



IPC7: H04L 1/12 

According to Intcfnational Patent Classificalion (IPC) or to both national clMsification and IPC 



B. FIELDS SEARCflED 



Minimum documenuiion searched (dassiricatjon system followed by classiftcation symbols) 

IPC7: H04L, H04B, H04Q 



Documentation searched other than minimum documentalion to the extent that such documents axe included in the fields searched 

SE,DK,FI,NO classes as above 



Electronic data base consulted during the international search (name of dau base and, where practicable, search terms used) 



EPO-INTERNAL, WPI DATA. PA J. INSPEC 



C. DOCUMENTS CONSIDERED TO BE RELEVANT 



Category* 



Citation of document, ^th indication, where appropriate, of the relevant passages 



Relevant to daim No. 



EP 0986206 Al (ALCATEL), 15 March 2000 (15.03.00), 
column 1 - column 7 



MO 0047006 Al (NOKIA NETWORKS OY), 10 August 2000 
(10.08.00), claims 1-4 



PAKSOY, E. et al. "An adaptive multi-rate speech 
coder for digital cellular telephony". 
In: 1999 IEEE International Conference on 
Acoustics, Speech, and Signal Processing, 
Proceedings. Phoenix, AZ, USA, 15-19 March 1999, 
Vol. 1, pages 193 - 196, ISBN: 0-7803-5041-3, see 
section 5.1 "Channel Analysis and Mode Selection". 



1.7,14 



1.7.14 



1,7.14 



"xl Further documents are listed in the continuation of Box C. | )j See patent family annex. 



* Special categories of cited documents: 

'A' document defining the general state of the ait vMth is not contidercd 

to be or particular relevance 
'E* eaiiier application or patent but published on or after the international 

filing date 

"L' document which may throw doubts on priority claim(s) or which Is 
dted to establish the publication date of another citation or other 
special reascn (at qedfted) 

"O* document refeihng to an oral diselosure» use» exhibition or oOier 
meant 

'P' document publi.4ied priorio the imemational filing date but la'.er than 
the priority date d aimed 



T' later document publi&ed aiter the international filing date or prioiity 
date and not in conflict with the npli cation but dtn to understand 
the piintiple or theory underlying the invention 

'X" document of particular relevance: the claimed invention cannot be 
conadered novel or cannot be conadered to involve an inventive 
step when the document is taken ilone 

"Y" document of particular relevance: the daimed invention cannot be 
considered to invdve an inventive step when the document is 
combined ivith one or more other sich documentSi aich combination 
bdng obvious to a person skilled in the art 

document member of the same patent family 



Date of the actual completion of the intematioiial scorch 



27 November 2002 



Date of mailing of the international search report 



04-12- 2002 



Name and mailing address of the ISA/ 
Swedish Patent Office 
Box 5055. S-102 42 STOCKHOLM 
i'aciiniilc No, + 46 8 UdG 02 86 



Authorized officer 

Markus Stilo /OGU 

I clcphonc No. 46 8 782 25 00 



Form I>CT/ISA.210 (second <hccl)(July 1998) 



IN1T.RNATIONAL SEARCH REPORT 



International application No. 

PCT/SE 02/OlSlO 



C (ConUnuaUon). DOCUMENTS CONSIDERED TO BF. RELEVANT 



Catcgoiy * Guiion oT documcnl, with indication, where appropriate, of the rdevant passages Relevant to daim No. 



A US 6134220 A (LE STRAT. E. ET AL). 17 October 2000 1-22 

(17.10.00), abstract 



A EP 0964540 A2 (TEXAS INSTRUMENTS INCORPORATED), 1-22 

15 December 1999 (15.12.99). abstract 



A EP 0651531 A2 (AT & T CORP.). 3 May 1995 1-22 

(03.05.95), abstract 



Form PCIVISAilKI (continuBlian nf iccond thcct) (July I99K) 



INTERNATIONAL SEARCH REPORT 



International application No. 
PCT/SE 02/01510 



Box I Observations where certain claims were found unsearchable {Continuation of Item 1 of first sheet) 

This international search report has not been cstablishud in respect of certain claims under Article 1 7(2)(a) for the following reason:!: 

1. ri Claims Nos.: 

because they relate to subject matter not required to be searched by this Authority* namely: 

2. ri Claims Nos.: 

because diey relate to paru of the international application that do not comply with the prescribed requirements to such 
an extent that no meaningful international search can be carried out, specifically: 

3. rn Claims Nos.: 

because th^ are dependent claims and are not drafted In accordance with the second and third sentences of Rule 6.4(a). 
Box II Observations where unity of Invention Is lacking (Continuation of item 2 of first sheet) 

This Intemational Searching Authority found multiple inventions in this international application, as follows: 
See extra sheet 



1. ( I As all required additional search fees were timely paid by the applicant, this international seardi report covers all 

searchable claims. . 

2. As all searchable claims could be searched without effort justi^ng an additional fee, this Audiority (fid not invite payment 
of any additional fee. 

3. I I As only some of the required additional search fees were timely paid by the applicant, this intemational search report 

covers only those claims for which fees were paid, specifically claims Nos.: 



4. r~] No required additional search fees were timely paid by the applicant. Consequently, this intemational search report is 
restricted to the invention first mentioned in the claims; it is covered by claims Nos.: 



Remark on Protest The additional search fees were accompanied by the applicant's protest 

[ I No protest accompanied tlie payment of additional search fees. 
Ftmn PCr'iSA/210 (conliimtion iM rtr.<:( ihcei \ I )) (July hNX) 



INTERNATIONAL SEARCH REPORT 



International application No. 
PCT/SE 02/01510 



Claims 1, 7 and 14 are not patentable and therefore the 
remaining claims form three groups of inventions, which do not 
have a common special technical feature as required by PCT 
Rule 13.2. The three groups of inventions are: 

Invention 1: Claims 2-6, 8-11, 15-18 and 19-22 relate to a 
method, a delay unit and a digital communication system, which 
all have memory storing sensed communication conditions and 
the sensed conamunication measurements adapt the codec. 

Invention 2: Claim 12 relates to a digital communication 
system with a first and a second codec interconnected via at 
least one first and a second communication channel. 

Invention 3: Claim 13 relates to a digital communication 
system with two terminals connected by a Tandem-free-operation 
(TFO) . 



Fomi PCT/IS A/210 (cson sluvt) (JuiyN9S) 



INTERNATIONAL SEARCH REPORT 
[nformation on patent family members 



28/10/02 



Intern ational application No. 

PCT/SE 02/01510 



Patent document 
dtcd in search report 



Publication 
date 



Patent family 
incmbcr(j) 



Publication 
dale 



EP 


0986206 


A] 




15/03/00 


AU 
CN 
FR 
JP 


4446199 A 
1256560 A 
2782429 A,B 
2000091983 A 


09/03/00 
14/06/00 
18/02/00 
31/03/00 


HO 


0047006 


Al 


10/08/00 


AU 


2520499 A 


25/08/00 


us 


6134220 


A 




17/10/00 


AT 


202444 T 


15/07/01 












AU 


697394 B 


01/10/98 












AU 


713891 B 


16/12/99 












AU 


2311295 A 


10/11/95 












AU 


4470999 A 


11/11/99 












AU 


9827498 A 


04/03/99 












CA 


2187669 A 


26/10/95 












DE 


69521422 D.T 


02/05/02 












EP 


0755615 A.B 


29/01/97 












EP 


0969682 A 


05/01/00 












ES 


2158105 T 


01/09/01 












FI 


964043 A 


04/12/96 












FR 


2718906 A.B 


20/10/95 












JP 


9512672 T 


16/12/97 












NZ 


284502 A 














US 


6456598 B 


24/09/02 












WO 


9528814 A 


26/10/95 












EP 


0723163 A 


24/07/96 












FR 


2729532 A.B 


19/07/96 


EP 


0964540 


A2 


15/12/99 


DE 


29809999 U 


03/09/98 












US 


5918895 A 


06/07/99 












US 


6421527 B 


16/07/02 


EP 


0651531 


A2 


03/05/95 


CA 

JP 
US 


2128386 A.C 
7183873 A 
S590405 A 


30/04/95 
21/07/95 
31/12/96 



Form Pcr/ISA^iO (paicni family annex) (July 1998) 



